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2j!© Sampling frequency converter. 



CO© A sampling frequency converter of a simplified constitution for use in a format conversion apparatus 
designed to convert sampled input data of an input sampling frequency into sampled output data of an output 
(^sampling frequency. The converter comprises over-sampiing means supplied with the sampled input data for 
CO increasing the sampling frequency of the sampled input data by a predetermined factor or coefficient to provide 
^over-sampled data; an output data extractor for periodically extracting data from the over-sampled data in 
© response to a timing puise having the output sampling frequency; and a controller for controlling the phase of 
^the timing pulse to control the phase of Ihe sampled output data. One of the sampled input and output data is a 
yj digital color signal such as a luminance signal conforming with the digital composite color signal format.whiie 
another of the sampled input and output data is a digital color signal such as a luminance signal conforming with 
the digital component signal format. And the controller serves to control the phase of the timing pulse in such a 
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manner that the group delay imparted to the digital luminance signal becomes equal to the delay imparted to the 
digital coior signal. 
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SAMPLING FREQUENCY CONVERTER 



The present invention relates to a sampling frequency converter for converting a digital signal of a first 
sampling frequency into a digital signal of a second sampling frequency and, more particularly, to a 
sampling frequency converter adapted for use in conversion of the sampling rate or the like of a digital color 
video signal. 

5 With regard to the formats of digital color video signal, there is known a 4:2:2 format which is also 

termed D-1 format and employs such digital component signal that a luminance, signal Y has a sampling 
frequency fi of 13.5 MHz, while each of color difference signals R-Y and B-Y has a sampling frequency of 
6.75 MHz equal to one half of the frequency fi . In contrast therewith, a sampling frequency h in the case of 
directly digitizing a composite color signal of NTSC format is set to an integral multiple of a color subcarrier 

70 frequency f SCf e.g. 4f se (^1 4.31 8 MHz). Therefore, in execution of signal conversion between them, it is 
necessary to execute sampling frequency (sampling rate) conversion with regard to the two frequencies ft 
andf2. 

The R-Y and B-Y signals of the 4:2:2 format are both obtained by sampling at the' frequency fi/2; 
whereas the composite signal of the NTSC format is obtained by superposing, on the Y (luminance) signal, 

75 the carrier color signal produced by quadrature two-phase modulation of the color subcarrier with, the i and 
Q signals. Therefore, when the signal produced by sampling such composite signal at the frequency h ( = 
• 4f sc ) is color-decoded, the I and Q signal data are obtained alternately per period 1/f2 (per 90 of color 
subcarrier) as will be described later. That is, the decoded digital l and Q signals are such^ that the sampling 
frequency thereof is f 2 /2 (= 2f so ) and an offset corresponding to 1/f 2 = 1/4f sc (90 . phase of color 

20 subcarrier) is existent therebetween. Due to the difference between the sampling points of the I signal data 
and the Q signal data, it becomes necessary, in calculating the R-Y and B-Y signals from the I and Q 
signals by matrix operations, to execute interpolation for obtaining components coincident in timing with the 
I and Q signals before or after conversion of the sampling frequencies. 

Fig. 1 shows an exemplary conversion apparatus designed for converting a digital component signal of 

25 the NTSC format into digital component signals of the 4:2:2 format (D-1 format). The NTSC-format digital 
composite signal (sampling frequency f 2 = 4f sc ) fed to an input terminal 101 in Fig. 1 is separated into a 
Ynt signal and a C NT signal (where the subscript NT denotes the NTSC format) by a digital Y/C separator. 
As shown in Fig. 2, the Y m signal is composed of a sample data row having the aforementioned frequency 
f 2 (= 4f sc ) which corresponds to a 1/4f sc period. The Y NT signal is fed to a sampling frequency converter 

30 (sampling rate converter) 103 and is thereby converted into .a luminance signal Y D1 of the aforementioned 
D-1 standard sampling frequency fi (= 13.5 MHz). Such luminance signaJ Y D1 is taken out from a Y output 
terminal 104. Meanwhile the Cmt signal obtained from the. Y/C separator 102 is fed to a decoder 107, which 
then outputs decoded digital W and Qmt signals therefrom. In this stage, the 1 signal and the Q signal are 
decoded in the following manner. The original analog carrier color signal C in the NTSC format is expressed 

36 as 

C = I cos (c^c t + 4>) + Q sin (*>*, t + » 

where « sc = 2 -n f sc . Supposing now that the phase (or the position on the time base) in sampling at the 
frequency f 2 (= 4f sc ) increases stepwise from 0 with a unitary angle of W2 (= 90* ) as 0. W2, -n ... and so 
forth, then the digital carrier color signal Cmt itself is changed as I, Q, -I, -Q and so forth per 1/4f sc . 

40 Therefore, in the decoder 107, the data row of the input color signal Cmt is separated into I and Q per 1/4f sc 
(with period 1/2f sc ) while being sequentially multiplied by ±1, so that signals W and Qnt can be obtained as 
shown in Fig. 2. Each of such signals Int and Qnt has the same sampling frequency 2f SC) and the time 
difference (offset) between the data of such signals is equal to 1/4f sc . Since it is impossible to execute a 
matrix calculation for obtaining R-Y. B-Y and so forth by the use of such I and Q signal data with different 

45 sampling points, the data at the sampling points (denoted by x on the signals Imt and Qmt in Fig. 2) of the 
other signals are interpolated by means of interpolators 108 and 109 to produce signals l f2 and Q (a (shown 
in Fig. 2) having the same frequency \i (= 4f sc ) with mutually equal sampling points in regard to the sample 
data thereof. And then a matrix calculation is executed in a matrix calculator 110 in accordance with such 
signals l <2 and Qt2 to consequently produce signals (B-Y)^ and (B-Y) f2 having the same sampling frequency 

so f 2 ( = 4fsc). Such signals (R-Y) f2 and (B-Y)f 2 are converted by sampling frequency converters 111 and 112 
respectively into signals (R-Y) D1 and (B-Y) D1 at a mutually equal sampling frequency U/2 as shown in Fig. 2, 
and then are taken out from output terminals 1 13 and 114 respectively. 

Fig. 3 shows an exemplary format conversion circuit which performs an inverse operation, with respect 
to the above, for converting a signal of the D-1 format (4:2:2 format) into a digital composite signal of the 
NTSC format. In this case, a signal Y D1 fed to an input terminal 121 is supplied directly to a sampling 
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frequency converter 122 where the frequency fi is converted into a frequency f 2) so that the signal Yqi is 
changed to a signal Ynt which is then sent to an adder 123. The color difference signals (R-Y) D i and (B-Y) D1 
supplied to input terminals 131 and 132 respectively are fed to sampling frequency converters 133 and 134 
where the frequency fi/2 is converted into a frequency f 2 /2 (= 2f sc ) and then the frequency-converted 

5 signals are fed to interpolators 135 and 136 respectively so as to become signals (R-Y) f2 and (B-Y) T2 each 
having a sampling frequency f 2 ( = 4f sc ). The signals (R-Y) f2 and (B-Y) t2 of a sampling frequency 4f sc are 
then fed to a matrix calculator 137 so as to become signals l t2 and Q t2 of a sampling frequency f 2 (= 4f sc ), 
which are fed to a modulator 13S where the signal of a frequency f sc is modulated to produce a digital 
carrier color signal Cnt- In this stage, an exemplary modulation is performed sequentially by substituting, in 

70 a repetition period 1/f sc , values (1, 0), (0, 1), (-1, 0) and (0, -1) per sampling period 1/4^ for the cosine 
value and the sine value in the afore-mentioned analog carrier color signal expressed as 
C = I cos (w sc t "+ <*>) + Q sin (« sc t + 4>) 

where u> sc = 2 -n f sc . The result of such modulation represents that the I 'signal data and the Q signal data 
appear alternately per sampling period 1/4f sc . The digital carrier color signal C NT of the sampling frequency 
is 4f sc thus obtained is then fed to an adder 123 and is thereby superposed on the digital luminance signal 
Y NT , so that an NTSC digital composite signal of the samplinf frequency 4f sc is taken out from an output 
terminal 124. 

In the format conversion apparatus of the above-described constitution, both interpolators and sampling 
frequency converters are required to. consequently raise problems that the characteristic is somewhat 

20 deteriorated in each signal processing stage and the circuit configuration is complicated. 

in such constitution of the format conversion apparatus mentioned above, when a composite signal of 
the NTSC format is converted into component signals of the 4:2:2 format as shown in Fig. 1 t the filter 
characteristics for the sampling frequency conversion are mutually different since the respective frequency 
characteristics of the circuits for the luminance signal Y^r and the chrominance signal Cnt are different from 

25 each other, hence causing a discrepancy between the group delays of the luminance signal and the 

chrominance -signal. - • 

Meanwhile in the chrominance signal line where the decoder 107, interpolators 108, 109 and so forth 
are inserted, the time required for processing the signal therein is rendered longer than that in the 
luminance signal line, so that a further difference is induced between the respective group delay 

30 characteristics. The error caused in correcting the discrepancy between the group delays of the two signals 
by an ordinary sample delay method or the like is maximally ±Ti 12 (about 37 ns) when the sampling period 
on the output side (4:2:2 format) is set to Ti (= 1/f t , about 74 ns since U = 13.5 MHz). Accordingly, some 
harmful influence such as color deviation may occur in the reproduced image. Furthermore, in conversion of 
the 4:2:2 format into the NTSC format as shown in Fig. 3, there may arise a problem of some group delay 

35 between the luminance signal and the color difference signal of the input digital component signal due to 
the influence from the video signal processing characteristics and the recording 'and reproducing char- 
acteristics. With regard to such group delay discrepancy also, some harmful influence may be exerted on 
the image if the correction is performed merely per sampling period since the error is not so much 
diminished as to be permissible. 

40 Therefore it is an object of the present invention to provide a sampling frequency converter for use in a 
format conversion apparatus which overcomes the aforementioned drawbacks and disadvantages observed 
in the prior art. 

Another object of the invention is to provide a sampling frequency converter of a simplified constitution 
for use in a format conversion apparatus to process different digital color television signals. 
45 A further object of the invention is to provide a sampling frequency converter with a high-accuracy 
interpolating function for use in a format conversion apparatus to process different digital color television 
signals. 

Various other objects, advantages and features of the present invention will become readily apparent 
from the ensuing detailed description, and the novel features will be particularly pointed out in the 
so appended claims. 

According to an embodiment of the invention, a sampling frequency converter is provided for converting 
sampled input data of an input sampling frequency, which conforms with one digital color television signal 
format, into sampled output data of an output sampling frequency conforming with another digital color 
television signal format. The sampled input data is supplied to an over-sampling filter, and the sampling 
55 frequency thereof is increased by a factor n. Output data is derived periodically from the over-sampled data 
in accordance with a timing pulse having the output sampling frequency. The phase of the timing pulse is 
controlled in such a manner as to control the phase of the sampled output data for attaining a timing 
. adjustment between two digital color signals or a timing adjustment between the digital color signal and the 
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digital luminance signal. * 

Fig. 1 is a block diagram showing a conventional format conversion apparatus designed for 
converting a composite digital color television signal into component digital color television signals; 

Fig. 2 is a diagram useful in understanding the operation of the conventional format conversion 
s apparatus; 

Rg. 3 is a block diagram. showing another conventional format conversion apparatus designed for 
converting component digital color television signals into a composite digital color television signal; 

Rg. 4 is a block diagram of one embodiment of the frequency converter according to the present 
invention; 

to Rg. 5 is a diagram useful in understanding the operation of the embodiment shown in Fig. 4; 

Fig. 6 is a block diagram showing an exemplary over-sampling filter employed in the embodiment of 

Rg. 4; 

Fig. 7 is a timing, chart useful in understanding the operation of the embodiment shown in Fig. 4; 
Rg. 8 is a diagram useful in understanding the operation of the over-sampling filter; 
75 Fig. 9 is a block diagram of another embodiment of the frequency converter according to the present 

invention; 

Fig. 10 is. a timing chart useful in understanding the operation of a third embodiment of the invention; 

and - - 

Figs. 11 A and 11 B are block diagrams showing a conventional sampling frequency converter and a 
20 new one, respectively, 

Hereinafter preferred embodiments of the present invention will be described .with reference to the 
accompanying drawings representing a sampling frequency converter for use in a format conversion 
apparatus designed to convert a digital composite signal (sampling frequency f 2 = 4f sc ) of the aiforemen- 
25 tioned NTSC format into digital component signals (sampling frequency fi = 13.5 MHz) of the D-1 format 
(4:2:2 format). 

Fig. 4 is a block circuit diagram showing a first embodiment of the sampling frequency converter 
according to the present invention, wherein two sampling frequency converters 1 and 2 are provided in 
parallel correspondingly to I and Q signals of the NTSC format, input terminals 3 and 4 or such sampling 

30 frequency converters 1 and 2 are fed with output signals Imt and CW of the decoder 107 shown in Fig. 1 
(i.e. the signals obtained through l-axis and Q-axis demodulation of the carrier color signal Cnt produced by 
Y/C. separation of the digital composite signal). Such signals Imt and Qnt have the same sampling frequency 
(data rate) of f 2 /2 = 2f sc as mentioned previously, and the time difference, (offset) between tfje data of such .. 
two signals is 1/f 2 = 1/4^. Fig. 5 shows the timing relationship among the data (denoted by o) of the color 

35 difference signals- Int. Qnt and the separated luminance signal Ymj. Since matrix calculation for conversion 
of the coordinate axes cannot be executed directly to obtain the R-Y and B-Y signal data and so forth by 
the use of I and Q signal data having such offset (or phase difference) at the sampling points, it has been 
customary heretofore to interpolate the center timing data of the I and Q signals by means of interpolation 
to obtain the signals \h and Of 2 (shown in Rg. 2) of mutually equal sampling frequencies f 2 = 4^ with the 

40 same sampling points. However, in this embodiment, the conversion is performed by the sampling 
frequency converters 1 and 2 in a mode where the phase difference (offset) A is included in the timing of 
the converted output, thereby producing frequency- converted outputs (signals l 0 i and Q D i in Rg. 5) without 
causing any time difference (offset) therebetween. The sampling frequency converters 1 and 2 produce an I 
signal l D i and a Q signal Q 0 i having a sampling frequency of fi/2 (= 6.75 MHz) and composed of data rows 

45 which are coincident in regard to the sampling points. Such signals l D i and Q D i are supplied to a matrix 
calculator 5 where matrix calculation is executed for converting the coordinates of 1 and Q axes into those of 
R-Y and B-Y axes, so that the signals l D i and Q D i are converted respectively into color difference signals 
(R-Y)ot and (B-Y) D1 of the aforementioned D-1 format (4:2:2 format) and then are taken out respectively 
from output terminals 7 and 8. Therefore, it is not necessary to provide additional interpolators (denoted by 

50 108 and 109 in Rg. 1) differently from the conventional circuit configuration, thereby diminishing the 
required number of signal processing stages to eventually minimize signal deterioration as well as to 
simplify the circuit constitution with reduction of the cost. 

Now a description will be given on exemplary internal constitutions of the sampling frequency 
converters 1 and 2. Since these two converters are the same with regard to the constitution, one circuit (e.g. 

55 converter 1) will be taken as an example. 

In the sampling frequency converter 1, there is incorporated a timing pulse generator 11 for generating 
various timing pulses. The digital input signal D lN fed to the input terminal 3 is then supplied via a D flip-flop 
12 to, for example, an over-sampling filter 13 and is thereby converted into a data row of a frequency fJ2 
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which is a least common multiple of the sampling frequencies fi/2 and f 2 /2. In this case, such frequencies 
fi , h and f s are so determined as to satisfy the following conditions with prime natural numbers m and n2 
thereof: 

ni fi = r\2 h - f s or 
5 n: U/2 = n 2 f a /2 = fJ2 

The relationship between the natural numbers ni and rt2 is expressed as 

n: : n2 = fa • fi 

In an exemplary case of conversion between the D-1 format and the NTSC format with 4f sc sampling, the 
actual numerical values of the above natural numbers become as ni = 35 and r\2 = 33, respectively. The 
w data of the signal of the sampling frequency f s /2 obtained from the over-sampling filter 13 is selected at the 
rate of the sampling frequency ft/2 by a selector gate 14 and then is outputted via a D fiip-flop 15. In this 
circuit the clock frequency of the D flip-flop 12 on the input side is set to f 2 /2. and that of the D flip-flop 15 
on the output side is set to fi/2. All of such two clock signals, the clock signal fed to the over-sampling filter 

13 and the selection signal to the selector gate 14 are outputted from the timing pulse generator 11. 

75 The over-sampling filter 13 may be constituted of a known circuit configuration shown in Fig. 6. The 
example of Fig. 6 is a non-cyclic of FIR type digital filter, wherein a plurality, e.g. N pieces (N = an integer 

greater than 02) of delay elements D D are connected in series to one another, and the outputs from the 

junctions (N + 1 points including the input and output terminals of such series-connected circuit) of the 
delay elements are fed to N + 1 pieces of coefficient multipliers M, .... M where the individual signals are 

20 multiplied by coefficients ao, ai, .... a N respectively. And the resulted multiplied outputs are fed to an adder 
L so as to be added to one another. Each of the delay elements D, D has a delay time T s corresponding 
to 1/f s (sampling period) which is theoretically a reciprocal of the aforementioned sampling frequency f s . 
However, it may be set to 2/f s since the sampling frequency of each input and output signals is set to 1/2 
(fi/2, f2/2) and the required over-sampling clock frequency is f s /2. The over-sampling filter 13 receives the 

25 input signal l NT or Qmt (sampling frequency hf2) via the D flip-flop 12 and over-samples such signal to 
- produce over-sampled output data at the timing represented by OVS in Fig. 7, i.e. at each sampling point of 
a frequency n 2 h/2 ( = fs/2). Out of the entirety of such data, the data sampled at the timing of the 
frequency fi/2 is extracted by the output-side D flip-flop 15 (or the selector gate 14 shown in Fig. 4), 
whereby a data row of the sampling frequency. V2 can be obtained. In this stage, the timing to extract the 

30 converted data is shifted in conformity with a predetermined offset A between the I signal and the Q signal, 
thereby producing a data row at the same sampling points as represented by the signal I D1 or Q D i in Fig. 7. 
In other words, such operation can be performed by generating clock pulses of a common phase from the 
timing pulse generator 11 in the sampling frequency converters 1, 2 and then controlling the selector gate 

14 and the D flip-flop 15 in accordance with such clock pulses. 

35 Fig. 8 graphically shows how the over-sampiing operation is performed on the axis of frequency. Since 
the sampling frequency of the input signal Utr or CW is f 2 /2, the spectrum of the frequency becomes such 
as represented by a solid line in Fig. 8, wherein the spectral component A of the baseband appears in the 
form of upper and lower sideband components with the center thereof at the position corresponding to an 
integral multiple of the sampling frequency f 2 /2. And the over-sampling operation at the n 2 -fold frequency 

40 signifies extraction of the baseband component A and the sideband components whose center is at the 
position corresponding to an integral multiple of the frequency n2 "V2, as represented by a broken line in 
Fig. 8. Since such frequency V2 is also equivalent to the frequency ni # fi/2, extraction of the data at the 
sampling points of the frequency fi/2 out of the over-sampled data row signifies an operation of obtaining a 
signal (not shown) composed of the baseband component A and the upper and lower sideband components 

45 whose center is at the position corresponding to an integral multiple of the frequency fi/2. 

The above-described embodiment represents an exemplary case of applying the sampling frequency 
converter of the present invention" to the stages posterior to the decoder 107 in the constitution of Fig. 1. 
And in addition, it is also possible to apply the invention to a format conversion apparatus designed to 
convert component digital signals of the D-1 (4:2:2) format into a composite digital signal of the NTSC 

so format, as shown in Fig. 3. Fig. 9 shows a circuit constitution replaceable with the stages from the input 
terminals 131 and 132 to the encoder 138 in Fig. 3. 

Similarly to the aforementioned input signals 131 and 132 in Fig. 3, input terminals 31 and 32 in Fig. 9 
receives the color difference signals of the D-1 format, i.e. the signals (R-Y) D i and (B-Y) D i each having a 
sampling frequency fi/2. Such input signals are first fed to a matrix calculator 33 so as to be converted 

55 respectively into an I signal l D1 and a Q signal Q m of the same frequency fi/2 with coincident sampling 
points, which are then fed to sampling frequency converters 35 and 36 respectively. Such sampling 
frequency converters 35 and 36 perform inverse operations with respect to the inputs and outputs of the 
aforementioned sampling frequency converters 1 and 2 in Fig. 4. That is, in the converters 35 and 36, two 
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data rows of the signals i 0 i and Q 0 i having a frequency fi/2 with coincident sampling points are converted 
into two data rows of signals W and CW having a frequency f2/2 (= 2f S c) with a predeter mined offset, 
delay or phase difference (1/f2 = 1/4f«) between the respective sampling points. The signals W and CW 
are fed to a color encoder 38, which is functionally equal to the aforementioned color encoder 138 in Fig. 3 
and executes quadrature two-phase modulation to produce a digital carrier color signal Q NT of the NTSC 
format at an output terminal 39. It is a matter of course that the digital carrier color signal Cnt thus obtained 
is superposed on a digital luminance signal Ymt converted individually with respect to the sampling 
frequency thereof, whereby a digital composite signal of the NTSC format is produced. 

In the embodiment of Fig. 9 also, similarly to the foregoing embodiment of Fig. 1, the circuit-constitution 
can be simplified to realize reduction of the cost as well as to diminish the required number of signal 
processing stages to consequently minimize the signal deterioration. 

It is to be understood that the present invention is not limited to the above embodiment alone. For 
example, the specific constitution of the over-sampling filter is not limited merely to the example of Fig. 6, 
and there may be contrived some modifications such as to change the. individual coefficient values of the 
coefficient multipii ers per sampling time for simplifying the constitution, and a cyclic type or IIR digital filter 
may also be employed. The sampling frequency converter may be composed of an interpolation processing 
circuit without the necessity of using any over-sampling filter. In such a case, conversion of the sampling 
frequency (data rate) may be executed by first driving the interpolator to sequentially calculate the data 
which correspond to the data output timing of the conversion frequency and then attaining a coincidence 
between the latch timing of a flip-flop or the like and the conversion frequency. Furthermore, the present 
invention is applicable not merely to the aforementioned format conversion alone, but also to a variety of 
sampling frequency conversions performed while retaining a time difference (phase delay) between two or 
more digital signals. It is a matter of course that, in addition to the above, various modifications and 
changes may be contrived within the scope not departing from the spirit of the present invention. 

According to the sampling frequency converter of the present invention, the frequency conversion is so 
executed that a predetermined time delay is caused in the input and output timing for frequency conversion 
of the first digital signal as compared with, the input and output , timing for frequency .conversion of the 
second digital signal, so that an interpolation can be performed simultaneously with the sampling frequency 
conversion, hence eliminating the necessity of individually providing interpolators and sampling frequency 
converters to consequently attain prevention of signal deterioration as well as to simplify the circuit 
constitution. 

Referring now to another embodiment of Fig. 4, a description will be given on a control method for 
compensation of the relative group delay difference between a luminance signal line (Y MT )^and a chromin- 
ance signal line (Cnt). , , 

In this example, a delay control signal is supplied via an input terminal 11 to a timing' pulse generator 
11 which is incorporated in a luminance-signal sampling frequency converter (corresponding to 103 in Fig. 
1) or l-signal and Q-signal sampling frequency converters 1 and 2, and either the timing of a selection 
signal to a selector gate 14 or the phase of a clock signal to a D flip-flop 15 is controlled in accordance with 
such delay control signal. 

In Fig. 4, the input digital signal D IN fed to the input t erminal 3 has a sampling frequency f a as shown in 
Fig. 10. Here, the data D 1N is not limited to the signal Imt alone and is used as a general term to represent 
an input digital signal such as Qnt or Y NT . The signal D )M is supplied to a D flip-flop 12, which is then 
latched by the clock pulse of a frequency f a fed from the timing pulse generation 1 1 thereto, whereby a 
signal S )N is obtained. The signal S (M is somewhat delayed from the input digital signal D 1N as shown in Fig. 
3. Such signal S !N is supplied to an over-sampling filter 13, so that an output signal OVS (Fig. 10) is 
obtained from the filter 13 at each sampling point of the over-sampling frequency f s , i.e. per period T ? . 

And desired data is selectively extracted therefrom per sampling point of the period l/f b by the selector 
gate 14, so that a signal S 0 ut is produced. Such data extraction timing is controlled in accordance with the 
delay control signal introduced via the input terminal 1l', thereby controlling the group delay amount of the 
signal. The timing to provide each data of the final output signal Dqut from the sampling frequency 
converter is determined by the output-side D flip-flop 15, and the delay amount between the signals S 0 ut 
and Dqut is varied in accordance with the output phase change in each data of the signal S OU t. The 
adjustment of the delay amount is controllable at a unitary over-sampling period l/f s as is obvious also from 
Fig. 10, and therefore the control precision can be enhanced n b times in comparison with the prior art. 
Accordingly, when the above embodiment is applied .to the sampling frequency, converters 103, 111 and 
112 for the aforementioned format conversion apparatus of Fig. 1, the group delay correction error between 
the luminance signal and the color difference signal can be restricted to a maximum of about ±1.05 ns, and 
the error of such extent exerts no harmful influence on the reproduced image at ail. 



BP 0 336 669 A2 



For executing desired interpolation with a predetermined accuracy in the exemplary constitution of the 
over-sampling filter shown in Fig. 6,. the required number of delay stages D exceeds 100 to consequently 
bring about the necessity of an equal great number of multipliers M, hence causing a disadvantage that the 
practical constitution is rendered extremely bulky. 

5 The aforementioned embodiment of Fig. 4 is so contrived that matrix calculation is executed to form R- 

. Y and B-Y signais after the sampling frequency of the I and Q signals is converted. However, at the time of 
such sampling frequency conversion, it is rendered possible to directly form R-Y and B-Y signals by 
converting the sample phase without the necessity of any matrix calculation. This technique will now be 
described below with reference to an embodiment realized by employing a novel over-sampling filter of a 

w simple structure which is capable of eliminating the drawbacks observed in the aforementioned over- 
sampling filter. 

Fig. 11 A shows the constitution of a conventional over-sampling filter used to convert a chrominance 
signal (R-Y) D1 or (B-Y) D , of the D1 format having a sampling frequency 6.75 MHz into an l NT or Q NT signal of 
the NTSC format. The chrominance signal (R-Y) D1 or (B-Y) D1 having a sampling frequency 6.75 MHz is 
rs supplied to an input terminal. In series to the input terminal, there are connected a required number of 
delay circuits T each having a delay time corresponding to one period of a frequency 35 x 6.75 MHz. The 
number of such delay circuits T is at least 35 and is dependent on the precision of interpolation. That is, the 
interpolation accuracy is enhanced with increase of the number of such delay circuits T. And multipliers ai", 
a 2 ...a 3 s, bi, b 2 and so forth are connected to the outputs of the delay circuits T respectively for multiplying 

20 individual coefficients ai, a 2 ... a 35 , bi, b 2 and so forth. The outputs of such multipliers are supplied to an 
adder, where the entire multiplied outputs are added to one another. Consequently, the adder provides, 
from its output terminal, an over-sampled digital signal whose frequency is 35 times the frequency 6.75 
MHz of the input digital signal. 

Therefore, R-Y and B-Y signals converted with regard to the sampling frequency can be obtained by 

25 extracting the output of the adder at a frequency of 2f sc , but there arises a disadvantage in practical use that 
the "numbers of required delay circuits T and multipliers amount to great values as mentioned above in 
connection with the conventional example. Since the frequency of the input digital signal is 6.76 MHz as 
shown also in Fig. 11 A, it is considered that the signal is existent merely in one of the 35 delay circuits at "a 
certain timing, while 0 signals are existent equivaleritly in the outputs of the other delay circuits. Therefore. 

30 if such outputs are multiplied by any coefficient, the multiplied outputs become 0 so that, in view of the 
adder output, the result is equal to that there are none of the outputs from the multipliers. 

The following embodiment has been accomplished in consideration of the points mentioned above. And 
its feature resides in omitting multipliers which multiply 0 by the coefficients, and aiso omitting any 
unrequired delay circuits. 

35 The constitution of this embodiment is shown in Fig. 11B, wherein a digital signal fed to an input 
terminal 200 is (R-Y) D1 or (B-Y) 01 signal having a sampling frequency of 6.75 MHz as in the foregoing 
embodiment. When such input digital signal is suppiied'to a latch circuit 201, the data thereof is held during 
one period of the sampling frequency 6.75 MHz- of the input digital signal. In other words, the latch circuit 
201 continuously provides output data Di , for example, during such one period. Similarly, the next-stage 
40 latch circuit 202 provides output data D 0 anterior to the foregoing data Di by one sample, and thereafter the 
next latch circuit 203 provides output data D-i further anterior to the data D 0 by one sample. 

A ROM 204a connected in relation to the output of the latch circuit 201 sequentially stores, at 
predetermined addresses therein, coefficient data corresponding to ai, a 2 ...a 3 s shown in Fig. 11 A. Similarly 
a ROM -204b connected in relation to the output of the latch circuit 202 sequentially stores, at predeter- 
45 mined addresses therein, coefficient data corresponding to bi, b 2 ...b 3 5 shown in Fig. 11 A. Furthermore, a 
ROM 204c connected in relation to the output of the latch circuit 203 stores the data of coefficients ci, c 2 .~ 
C35 of multipliers (not shown in Fig. 11 A) provided in connection to the ROM 204c. 

It is obvious that the interpolation accuracy can be further enhanced to meet the requirements by 
additionally providing similar circuits 204d, 204e and so forth, 
so And for obtaining an output equivalent to that shown in Fig. 11 A, the coefficient data are sequentially 
read out from the ROMs 204a, 204b, 204c per period of a frequency, which is 35 times the sampling 
frequency 6.75 MHz of the input digital signal, in response to the outputs of the individual latch circuits, 
then the coefficients thus read out are multiplied in the multipliers 205a, 205b, 205c, and the results of such 
multiplications are added to one another in the adder 206, whereby the data over-samples at the frequency 
55 of 35 x 6.75 MHz is obtained from the output terminal 207. Due to the constftuion of Fig. 11 B, the numbers 
of at least the delay circuits and the multipliers can be reduced to about 1/35 as compared with those in the 
constitution of the conventional over-sampling filter shown in Fig. 11 A, thereby achieving considerable 
simplification of the adder constitution as well. 
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Generally a phase offset of about 33* is existent between the R-Y/B-Y axis and the l/Q axis with 
respects to the frequency of the color subcarrier. Therefore, for correction of the level offset corresponding 
to such phase offset in the embodiment of Fig. 4, the frequency-converted l D1 and Q D1 signals are fed to a 
matrix circuit 51 so as to obtain R-Y and B-Y signals of predetermined levels. In the example which will be 
described below, the sampling phase is controlled for removal of the phase offset without using the 
aforementioned matrix circuit 5. 

The above-described phase offset is 

33 ^ 11_ 
360 120' 

Thus, in case one wave length of the color subcarrier is divided into 120 equal parts, the offset corresponds, 
to a point spaced apart by 11 parts. And in the double color subcarrier, the offset corresponds to a point 
spaced apart by 1 1 parts when one wave length is divided into 60 equal parts. Due to the above over- 
sampling operation, there is obtained a signal of 33-fold frequency, of the double color subcarrier (2f sc ), 
whereby it is rendered equivalent to that the data is extracted at each of the equally divided 33 parts of the 
double color subcarrier. - 

Here, a consideration will be given on how to find that the phase, difference of-& corresponds to which 
of the equally divided 33 parts of the double color subcarrier. This case conforms to a calculation of an 
integer N under the condition of 

60 * 33 * 

Supposing now N = 6, 

= 0.183.. .; || = 0.181.. . 5. ".. 

30 33 

It signifies that the error between them becomes less than ^ as compared with The error is 
expressed as 



1 11 1 

7.16 MHz X 60 X 100 



x 777 = 0.3 nsec 



Thus, its value is so small as to be completely negligible in practical use. 

In the apparatus of Fig. 11B. the coefficients as , b 6 , c 6 and so forth are selectively read out from the 6th 
addresses in the ROMs 204a, 204b, 204c... at the sampling timing of the first color subcarrier wave 
posterior to one horizontal synchronizing signal, and the outputs of the latch circuits 201, 202, 203 
multiplied by such coefficients are added to one another. And after the lapse of 33 periods of the sampling 
frequency 35 x.6.75 MHz, the coefficients spaced apart by 33 addresses are read out and used for 
multiplication, thereby producing a signal whose sampling phase is shifted with the rate conversion. 

Since the 33 periods of the sampling frequency 35 x 6.75 MHz are substantially equal to the period of 
2f SCl it follows that multiplication of the coefficient per 33 periods corresponds exactly to periodic 
multiplication of the coefficient and extraction of the signal per period of 2f sc , whereby the sampling 
frequency conversion is achieved. 

According to the apparatus mentioned above, both the sampling rate conversion and the sampling 
phase shift can be performed simultaneously at the time of format conversion of the digital video signals, 
hence attaining satisfactory conversion in the simplified constitution. 

For converting a digital composite video signal of the NTSC format into digital component signals of 
another format, the above apparatus may be so formed as to perform an inverse operation. In such a case, 
an input composite digital signal is -introduced to a separator which separates the input signal into a 
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45 



50 



55 



luminance signal Y and J/Q axis signals, and such signals are then supplied to a matrix circuit to produce a 
luminance signal Y and two color difference signals R-Y and B-Y. Subsequently the signals thus obtained 
are fed to data latch circuits, multipliers, ROMs and an adder to execute both rate conversion and shift of 
the sampling axis, thereby forming digital video signals of the component format. 

it is to be understood that the above-described embodiment is applicable also to conversion between 
the digital video signal of the composite format conforming with the PAL system and the video signal of the 
component (D-1) format, although the constitution thereof is rendered somewhat complicate. 



iq Claims 

1 . A sampling frequency converter for converting sampled input data of an input sampling frequency 
into sampled output data of an output sampling frequency, comprising: 

over-sampling means supplied with said sampled input data for increasing the sampling frequency of said 
ts sampled input data by a factor n to provide over-sampled data; 

output data extractor means fo? periodically extracting data from said over-sampled data in response to a 
timing pulse having said output sampling frequency; and 

control means for controlling the phase of said timing pulse to control the phase of said sampled output 
data. 

20 2. A sampling frequency converter according to claim 1, wherein one of said sampled input and output 
data is a digital color signal conforming with the digital composite color signal format, and another of said 
sampled input and output data is a digital color signal conforming with the digital component signal format. 

3. A sampling frequency converter according to claim 1, wherein one of said sampled input and output 
data is a digital luminance signal conforming with the digital composite color signal format, and another of 

25 said sampled input and output data is a digital luminance signal conforming with the digital component 
signal -format 

4. A sampling frequency converter according to claim 3, wherein said control means controls the phase 
of said timing pulse in such a manner that the group delay imparted to said digital luminance signal 
becomes equal to the delay imparted to the digital color signal. 

30 5. A sampling frequency converter according to claim 3, wherein said n equals to the ratio of the input 
sampling frequency to the least common multiple of said input and output sampling frequencies; 

6. A sampling frequency converter according to claim 1. wherein said over-sampling means includes 
serially connected latch circuits supplied with said sampled input data for latching the same for one 
sampling period of said sampled input data, multiplier means connected to the output of each of said latch 

35 circuits, ROM means connected to each of said multiplier means for storing a plurality of coefficient data 
which are read out sequentially, then supplied to said corresponding multiplier means and multiplied by the 
output of said latch circuit and adder means for adding the outputs of said multiplier means together; and 
said output extractor means includes an address controller for controlling the read address of said ROM 
means with the frequency corresponding to said output sampling frequency. 

40 
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FIG. 2 
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FIG. 5 
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FIG. II A 
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© Sampling frequency converter. 



© A sampling frequency converter of a simplified 
constitution for use in a format conversion apparatus 
designed to convert sampled input data (2, 4) of an 
input sampling frequency into sampled output data 
of an output sampling frequency. The converter 
comprises over-sampling means (13) supplied with 
the sampled input data for increasing the sampling 
frequency of the sampled input data by a predeter- 
^ mined factor or coefficient to provide over-sampled 
^data; an output data extractor (14, 15) for periodically 
extracting data from the over-sampled data in re- 
<©sponse to a timing pulse having the output sampling 
^frequency; and a controller (11) for controlling the 
phase of the timing pulse to control the phase of the 
CO sampled output data. One of the sampled input and 
q output data is a digital color signal such as a lu- 
minance signal conforming with the digital composite 
color signal format while another of the sampled 
input and output data is a digital color signal such as 
a luminance signal conforming with the digital com- 



ponent signal format. And the controller serves to 
control the phase of the timing pulse in such a 
manner that the group delay imparted to the digital 
luminance signal becomes equal to the delay im- 
parted to the digital color signal. 

FIG. 4 
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